Abstract-With rapid growth of video traffic over Internet, it becomes a challenging task to provide perceptually good video quality. Enhancement can be done towards improving the Quality of Experience (QoE) by focusing on all relevant layers and across the networks end-to-end. In this paper, the impact of adapting sender bit rate on QoE is analyzed. Furthermore, a mathematical relationship between QoE and bit rate is established which can be extended to include other parameters. Simulation results demonstrate that the quality of non-adaptive video over a bottleneck link is deteriorating to a degree which it becomes annoying, while the same setup produces acceptable QoE when the sender adapts its rate. Moreover, the delay is maintained at an acceptable level as well.
I. INTRODUCTION
With rapid growth of video traffic over Internet, it becomes a challenging task to provide perceptually good video quality. This is partly due to the bursty nature of video traffic, changing network conditions and traditional behavior of network transport protocols. Cisco predicts that "The sum of all forms of video (TV, video on demand [VoD] ,Internet, and P2P) will be approximately 86 percent of global consumer traffic by 2016" [1] . Over the last decade, efforts have been on the way to provide Quality of Service (QoS) within the core network by considering objective parameters at the network layer such as bandwidth, delay, jitter, etc. Diffserv is an example of these paradigms that can support QoS. The research community and Internet providers have made subjectively quality perceived by the end user a main target. ITU-T defines this parameter as Quality of Experience (QoE) [2] . Therefore, the current design of Internet has to be enhanced in a way to extend the scope of QoS to consider an end-to-end quality, to be content-aware and user centric.
Technically, the perceived video quality is affected by the tradeoff relationship between encoding redundancy and network impairments. In addition to network parameters such as bandwidth, delay, packet loss ration, other technical and non-technical parameters may affect the quality.
QoE can be improved by addressing issues on various layers (from video encoding to decoding) and across the access and/or core networks. Scalable video encoding techniques have been proposed to cope with the problem of Internet resource uncertainty and support for different devices. Scalable Video coding (SVC) extension of H.264/AVC provides the transmission and decoding support of video partial bit streams to different applications and devices by enabling lower temporal or spatial resolutions or reduced quality [3] .
Video frames are exposed to loss and delay when are sent without reacting to the congested network which eventually causes quality degradation. Since smooth rate (which does not guarantee smooth video quality) is not feasible for Internet [4] , adjusting it can minimize network congestion and improve video quality. Adaptive encoding, switching between multiple pre-encoded rates or hierarchical encoding can be used to address this issue [5] .
In this paper, the impact of the sender bit rate on perceived video quality is analyzed first to see how the perceived video quality is affected by this parameter. Then, implementing rate adaptation by the video source is proposed to enhance the video quality. Finally, a relationship between QoE and bit rate is found mathematically for QoE prediction and modeling which can be extended to include other affecting parameters.
The rest of the paper is organized as follows: Section II discusses related work, while Section III sets up a mathematical relationship between QoE and bit rate. The simulation environment is introduced and result is presented in Section IV. Finally the paper is concluded in Section V.
II. RELATED WORK
Adaptive video rate is not a new topic, Kim and Ammar [4] addresses the problem of quality variation for layered Variable Bit Rate (VBR) video over Internet while efficiently utilizing the available network bandwidth. It proposes an optimal adaptation algorithm and a real-time adaptation algorithm based on whether the network conditions are known a priori. The quality adaptation algorithm is composed of the quality smoothing algorithm proposed in the literature which reducing the quality variability for layered Constant Bit Rate (CBR) video using bidirectional layer selection, and the rate smoothing algorithm presented in the literature to insure that the data rate of the encoded video is sufficiently smoothed to exhibit nearly CBR. Hamdi et al. [6] propose a closed-loop rate control algorithm which adapts MPEG video coder parameters according to the value of a leakybucket counter forcing the output to conform to sustainable rate and burst tolerance parameters used to describe the traffic characteristics of a require connection. The encoder QP is adjusted on a GoP-by-GoP basis by the Shaped-VBR (SVBR) algorithm to ensure that the output satisfies the burstiness constraint imposed by the leaky-bucket traffic control. A rate control (RC) algorithm is proposed by [7] for H.264/SVC for VBR applications with buffer constraints. It reduces unnecessary Quantization Parameter (QP) fluctuation based on Gaussian processes regression model while preventing the buffer starvation.
Koo and Chung [5] proposed an adaptive streaming scheme called Mobile-aware Adaptive Rate Control (MARC) which adjusts the quality of bit-stream and transmission rate of video streaming in mobile broadband network based on the status of each of the wireless channel, network and client buffer for SVC. It provides a seamless multimedia playback service in wireless broadband networks and improves the quality of service (QoS) of multimedia streaming services by mitigating the discontinuity of multimedia playback and allocating a suitable buffer to the client. An Additive-Increase Heuristic-Decrease (AIHD) congestion control is proposed to reduce the rate oscillation. In [8] an online estimation of QoE is done using a tool called Pseudo Subjective Quality Assessment (PSQA) and based on that the rate is adapted dynamically for multicast in wireless LAN. The multicast transmission rate is decreased when the user is experiencing bad QoE and it is increased otherwise. The multicast data rate is adapted by the access point at MAC level using NS-2 simulation assuming that every multicast node runs PSQA. The authors in [9] found the optimum tradeoff between the video Sender Bit Rate (SBR) and frame rate. A model presented for optimizing the QoE and the wireless network utilization through SBR adaptation based on the user required QoE.
Rate adaptation is also proposed within cross-layer design to improve video quality. Khalek et al. [10] introduced an APP/MAC/PHY cross-layer architecture that enables optimizing perceptual quality for delay-constrained scalable video transmission. Using the ACK history and perceptual metrics, an online mapping of QoS-to-QoE has been proposed to quantify the packet loss visibility from each video layer. A link adaptation technique that uses QoS-toQoE mapping is developed at the PHY layer to provide perceptually-optimized unequal error protection for each video layer according to packet loss visibility. While at the APP layer, a buffer-aware source adaptation is proposed by which the sender's rate is adapted by selecting the set of temporal and quality layers without incurring playback buffer starvation based on the aggregate channel statistics. To avoid re-buffering and frame freeze, a video layer-dependent retransmission technique per packet at the MAC layer limits the maximum number of packet retransmission based on the packet layer identifier. The next retransmission of packet is given a lower order of Modulation and Coding Scheme (MCS).
III. VIDEO QUALITY AFFECTING PARAMETERS
In this section, we show a mathematical relationship between QoE and bit rate. Bit rate is taken into consideration because this paper studies its effect on the quality, and other parameters are taken into account to include the impact of other relevant layers. Since the video quality assessment mainly depends on user's perception based on empirical results, in this section we use dimensional analysis [11] to find a relationship between QoE and parameters which have impact on the quality of the video. Based on our experimental results and results from [12] , [13] and [14] , sender bit rate and bandwidth, delay and jitter from the physical network are considered parameters that are relevant to quality.
Assuming the abovementioned scenario, we can write the following equation
Where BR is the bit rate, BW is the bandwidth, D is the delay, J is the jitter and f is unknown function. We can rewrite Equation (1) as follows:
Where f 1 is unknown function. According to Buckingham's theorem, in Equation (2), we have the number of variables (m) is 5, and the number of governing/repeating variables (n) is 2 (corresponding to bit and time). BR and BW are taken as governing parameters.
Given n=2 and m=5, there are m-n=5-2= 3 groups; p 1 , p 2 , and p 3 . Thus
Using the 2 nd Buckingham's P theorem, the groups are:
As the p/π groups are dimensionless, equalizing the powers of both sides of the Equations (4), (5) and (6), we find the values of the groups: 
Note that π 1 , π 2 and π 3 are dimensionless. Finally, substituting Equations (7), (8) and (9) in Equation (3), we can write the below equation for QoE
Equation 10 shows the QoE-bit rate relationship which can be extended to include other relevant parameters.
IV. RESULTS AND DISCUSSION
NS-2 [15] and Evalvid-RA [16] were used to simulate the (10) seconds "Akiyo" video sequence in a dumbbell topology where in addition to (24) video sources, there were also (96) file transfer protocol (ftp) sources on a bottleneck link. The ftp sources started first to create background traffic then the video sources started randomly during (20-50s) of the simulation time (500s). The target video Flows 0, 15 and 22 started at (15s). The video sequence is encoded with different quantizer values using [17] to generate (30) different encoded bit rates.
In order to see the impact of rate adaptation on the video quality, similar simulation parameter and environment were kept for both cases except that the video sources were adapting their rates in the first case while they were not in the second. Figure 1 shows how the video quality in Peak Signal-to-Noise Ration (PSNR) is influenced by the bit rate. It is clearly shown that PSNR increases linearly with the increase of the bit rate before reaching a stable value (≈ 45 dB) at 700 kbps.
In a further simulation, rate adaptation is implemented by the video sources. Three video Flows 0, 15 and 22 from sources 1, 16 and 23 respectively were investigated [18] ), on the other hand, it declines to 1-2 (bad-to-poor quality) for the non-adaptive flows during the first (50s) of the simulation time when the bottleneck starts to get congested with the start of the video traffics. The quality difference between both cases can be clearly seen in Figure 5 , which shows the average MOS of the flows. non-adaptive Flow 15 has the maximum MOS value of 2.6 among the non-adaptive investigated flows, which is still considered poor quality. Before (50s) when not all the video sources started yet, the active adaptive and non-adaptive flows attempt to utilize the available bandwidth as much as possible as illustrated in Figures 6 and 7 . However after (50s), the throughput of all Flows fluctuates around 0.2Mbps as the network reaches equilibrium after all the video sources started. It can be observed in the figures that adaptive and non-adaptive Flow 0 were experiencing packet loss during (38-50s) due to the random start of the video traffics which causes bottleneck in the network, thus packets get lost. This issue can be addressed further to minimize the loss. As shown in Table I , in addition to losses due to network congestion as mentioned earlier, the adaptive flows were experiencing more losses due to rate switchover process during which packets may get lost, however that did not deteriorate the video quality as can be seen in the snapshot Figure 8 . Nevertheless it can be seen in the table that the values of delay and jitter are very close in both cases which indicate that performing rate adaptation does not come at the cost of delay, thus it can be recommended for delay-constraint applications such as streaming video. The mean delay and jitter of the adaptive flows found to be equal to (311ms) and (26.9-28.4ms) respectively compare to (307.2-309.2ms) and (27.9-32.8ms) respectively for the non-adaptive flows. Furthermore, Figures 8 and 9 show snapshots of the decoded adaptive Flow 22 and decoded non-adaptive Flow 22 respectively. Two snapshots are taken for each of them at (1s) and (8s) of the playing time. The adaptive video remains acceptable throughout the playing time (10s) as shown in Figure 8 . On the other hand, the quality of the non-adaptive video is soon deteriorated after (2s) in an annoying manner as shown in Figure 9 .
V. CONCLUSION
The impact of adapting sender bit rate on QoE has been studied. Furthermore, a mathematical relationship between QoE and bit rate has been developed that can be used for estimating and predicting QoE. Simulation results have shown that controlling sender bit rate over a congested network enhances the QoE while maintaining delay. Hence it can be implemented by video streaming applications to provide acceptable level of QoE. Further studies can address the packet loss during rate switchover process and fairness among video streams. Future work will consider the impact of other layers on QoE and how it can be optimised
